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A Frequency-Modulation Digital Subset 
(or Data Transmission Over Telephone 

Lines 


LAURANCE A. WEBER 

MEMBER AIEE 


Synopsis: Modern business is embracing 
automation. In the business field, automa¬ 
tion is often termed integrated data proc¬ 
essing (IDP). This involves the use of 
large-scale digital computers as fundamental 
elements in the bookkeeping and routine 
activities of business. The communication 
system role in IDP is to transmit digital 
data from one location to another. This 
may involve sending data from subsidiary 
centers to a processing center or it may 
involve transmission of data from the cen¬ 
tral location to other business offices. The 
telephone companies are especially well 
fitted to handle the needs of business custo¬ 
mers in this field because of their well- 
developed wire line distribution networks. 
The Bell System expects to offer digital 
transmission services over normal telephone 
lines. This is the Bell System Dataphone 
Service. 

As one of a line of instrumentalities for 
the Dataphone service, an FM (frequency- 
modulation) digital subset has been de¬ 
veloped for transmitting sequential binary 
data over telephone lines. This equipment 
accepts sequential binary data from cus¬ 
tomers’ machines at rates up to about 1,000 
bps (bits per second), modulates this base 
band signal to FM signals appropriate to 
the bandwidth available on telephone chan¬ 
nels, transmits this signal to the line, de¬ 
tects the signal at the receiving end, and 
reconverts the line signals to d-c serialized 
binary data of the same form as originally 
presented. 

This paper indicates some of the design 
problems for such transmitting-receiving 
equipment and also indicates some of the 
possibilities which appear to be forthcoming 


in the Dataphone service. At present a 
limited number of circuits of the type to be 
described are being used by various Bell 
System companies to test and assess the 
features and facilities which will be needed 
by Bell System customers for the Dataphone 
service. 

The FM modulator-demodulator em¬ 
ployed in the digital subset is fully transis¬ 
torized. It represents a first-order effort 
at the solution of the transmission problem 
of sending data over switched telephone 
connections. Since the binary information 
rate (up to about 1,000 bps) is comparable 
to the transmission carrier frequency, the 
detecting means must be able to reconstruct 
the digital data even when there are only a 
few cycles of carrier signal per bit. The 
demodulator uses the principle of zero¬ 
crossing detection to accomplish this. The 
digital subset has been designed for maxi¬ 
mum flexibility in working with existing 
input-output devices. Flexibility has been 
included to allow use with equipment 
still in the preliminary development stage. 

The digital subset is arranged so that a 
Dataphone station may be operated re¬ 
motely on an unattended basis in conjunc¬ 
tion with certain auxiliary apparatus. This 
will allow pickup and delivery of data to 
remote stations during nonbusiness hours. 

T HE DEMAND of modern business 
for IDP will place a large burden on 
the communication companies. It is 
obvious in this age of decentralization 
that, just as business requires vast 
amounts of communication for voice 


transmission, it will also require more and 
more communication between machines. 
Rather large interconnection networks 
for transmission of digital data of one sort 
or another seem to be called for. The 
Bell System plans to make available to 
the business community a service to meet 
these data transmission requirements. 
“Dataphone Service” is a general term 
which describes the transmission of data 
over telephone voice facilities. The 
telephone companies are uniquely able 
to provide service of this type because of 
the general availability of voice channels 
and the well-developed methods of inter¬ 
connecting customers on a demand-real¬ 
time basis. At present, it appears that 
most of the data transmission require¬ 
ments that businesses have will be met 
with the use of normal telephone voice 
channel bandwidths. 

This paper will discuss some of the gen¬ 
eral problems involved in data trans¬ 
mission over telephone voice facilities. 
It will also describe, as one of the instru¬ 
mentalities of the Dataphone service, an 
FM digital subset which has been de¬ 
signed to accept serialized d-c binary in¬ 
put information at bit rates up to about 
1,000 bps and to transmit this informa¬ 
tion at appropriate carrier frequencies 
over a regular telephone channel. In 
the future it may turn out that the 
amount of data which must be sent be¬ 
tween two points in an IDP network may 
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involve bit rates higher than this. This 
will require more efficient utilization of 
the voice bandwidth by more sophisticated 
coding or modulation schemes or the ap¬ 
plication of broader bandwidths to the 
problem. Some interesting techniques 
toward this end have been reported. 1 ' 2 

The Data Transmission Problem 

The data transmission problem with 
higher bit rates and the use of voice-band 
channels is in a sense merely an extrapola¬ 
tion of the familiar telegraph transmis¬ 
sion problem which has received much at¬ 
tention over the years. Theory states 
that the channel capacity C, in the Shan¬ 
non sense, is given by 

C-A l°S’(l+!) b P s (D 

where /o = the bandwidth in cps (cycles 
per second) and S/N is the power signal- 
to-noise ratio. For bandwidths of, say, 
2,500 cps and S/N ratios of, say, about 
20 db (decibels) or so, the channel capac¬ 
ity works out to be in the order of about 
15,000 bps. It is also known that one 
should be able to signal up to the channel 


capacity in equation 1 with an arbitrarily 
small error rate by using suitably selected 
coding. However, when the communi¬ 
cation channel is a telephone line, several 
factors compel constraint to a practical 
rate of perhaps a tenth or a little more of 
the theoretical capacity. In the first 
place, the amplitude-phase characteris¬ 
tics of the channels differ from that as¬ 
sumed by the theory; delay distortion at 
the extremes of the band, for example, 
must be considered. Secondly, noise, 
particularly of the impulsive type, and 
other momentary disturbances often cause 
difficulty which is most severe at the 
higher bit rates. There are also net loss 
changes in the circuits. These are all 
different from the simple Gaussian inter¬ 
ference assumed in the derivation of 
equation 1. Maximum exploitation of 
the capacity relies on coding techniques 
which usually result in prohibitive termi¬ 
nal costs, at least for general use. A 
further problem is introduced when data 
channels are to be set up on a demand 
basis, since tandem combinations of all 
the many differing types of telephone 
transmission facilities will be encountered. 
For an excellent discussion of the general 


problem refer to the paper by Mertz and 
Mitchell; 3 their paper indicates the 
possibilities of amplitude modulation 
vestigial sideband and FM for high-speed 
data transmission over message facili¬ 
ties. The FM digital subset, to be de¬ 
scribed in this paper, was built to exploit 
this method of transmission. 

The Digital Subset 

The subset makes it possible for 
business machines or computers to “talk” 
to each other over telephone lines. The 
subset is arranged for alternate use of the 
voice line for normal speech communica¬ 
tion and for data. The subset accepts 
binary digital information from the cus¬ 
tomer’s equipment, converts it to suitable 
frequency-modulated voice tones for 
transmission over the channel, recovers 
the binary data signals at the receiving 
station, and passes this information re¬ 
shaped but not retimed to the receiving 
customer’s data equipment. 

The basic transmission scheme is simple 
frequency shift carrier operation. When 
a binary 1 or “mark” is presented to the 
subset a voice frequency Fi is transmitted; 
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Fig. 1. Digital subset. A—Front view. B—Rear view 

Weber—FM Digital Subset for Data Transmission Over Telephone Lines January 1959 
















Fig. 2. Digital subset, block diagram 


when a binary 0 or “space” is presented 
another voice frequency F 2 is transmit¬ 
ted. Selection of suitable frequencies Fi 
and F 2 must take into consideration 
bandwidth restrictions on the channel, bit 
rates expected, and possible interference 
with signaling circuits connected to toll 
channels. An appropriate set of fre¬ 
quencies for use where the most restrictive 
narrow-band voice channels may be en¬ 
countered is 

Fi = 900 cps 

F 2 — 1,400 cps 

If the subset is used with private line 
circuits where the bandwidth is less re¬ 
strictive (say, 400 to 2,500 cps), then an 
appropriate set of frequencies is 

Fi = 1,100 cps 

F 2 = 1,900 cps 

Using the higher frequencies will, of 
course, allow higher bit rates. The 
subset allows individual adjustment of 
these frequencies for optimum operation 
over the facility used. 

It is proposed to use the digital subset 
in the Dataphone service at a maximum 
speed of 600 bps. For data transmission 
over private-line channels the speed will 
be 750 bps. A higher rate of 1,000 bps 
may be obtained by special delay equali¬ 
zation of the private-line channel. 

Fig. 1 shows front and rear views of ini¬ 
tial models of the digital subset. The 
electronic circuitry is entirely transistor¬ 
ized. Fig. 2 shows a block diagram of the 
digital subset from which the various 
equipment elements in the photographs 
can be identified. The modulator takes 
the binary data from the data-producing 
machine and modulates it to frequencies 
F\ and F 2 for transmission to the line; 
the demodulator receives signals from 
the line, limits and shapes them, and 
passes a detected signal to the associated 


data-reproducing machine in the form of 
serialized binary d-c pulses; the control 
circuit is a switching unit to allow associa¬ 
tion of a number of different data-pro¬ 
ducing reproducing equipments with the 
modulator and demodulator; the tele¬ 
phone set allows alternate use of the voice 
facility for speech purposes and data, and 
also controls the selection of the con¬ 
nected data equipment; the power sup¬ 
ply services the modest power require¬ 
ments of the transistor circuitry and the 
relays in the control panel. 

Digital Subset Modes of Operation 

Before discussing the operation of the 
transmission part of the digital subset, it 
will be convenient to present a general 
idea of the control function design. 
Three basic modes of operation are pro¬ 
vided for; these are selected by operation 
of push buttons on the telephone set as¬ 
sociated with the digital subset. 

A teletypewriter mode (TTX) allows 
transmission from and to a 100-wpm 
(words per minute) 2<5-type teletype¬ 
writer. In this mode appropriate connec¬ 
tions are made from the modulator and 
demodulator to the 28 teletypewriter, 
and a low-pass filter suited to this low 
speed of transmission is switched into the 
demodulator. The TTX mode, of course, 
does not exploit the full speed capability 
of the voice channel. Its provision, how¬ 
ever, is useful in a number of respects. 
Many business routines are now built 
around standard teletypewriter proce¬ 
dures. Thus, the digital subset may be 
used in basic business programs without 
essential changes in these programs. 
In addition, the unattended features (to 
be discussed in the following) of the 
digital subset rely on the remote-control 
signals available from a 28 teletypewriter. 
These features will be discussed. Inclu¬ 
sion of this mode of operation in the first 


digital subsets will also lead to an answer 
to the question, “Is this mode of opera¬ 
tion useful to the business community?” 

A low-speed data mode of operation 
(LSD) is also provided in the digital sub¬ 
set. This mode allows transmission at 
speeds up to about 180 bps. It is in¬ 
cluded to allow operation with automatic 
tape transmission machines such as the 
Commercial Controls Corporation Tele¬ 
data machine. This mode is selected by 
operation of the lo sp data button on the 
telephone set. Operation of this button 
connects the data machine to the digital 
subset and selects the appropriate filter 
in the demodulator. 

A high-speed data D mode of operation 
is also provided. Here the maximum 
capability of the digital subset is used. 
This mode is obtained by operation of the 
data button on the telephone set. As 
far as the characteristic distortion of the 
modulator-demodulator is concerned, bit 
rates considerably higher than 1,000 
bps are possible in this mode of operation. 
However, the delay characteristics of 
speech channels generally limit the bit 
rate to about 1,000 bps. The higher 
rates are accompanied by increasingly 
large distortions so that the maximum 
capability is obtainable only by the use 
of exceedingly stable auxiliary synchro¬ 
nizing units. This type of synchronizing 
unit integrates over several transitions 
and provides a clock signal, so that the re¬ 
ceived signal is sampled precisely in the 
center of a bit. In this way transmission 
is satisfactory even where transmission 
distortion is rather severe. 

Where narrow speech channels may be 
encountered (for example, “emergency 
bank” circuits) bit rates of 600 bps are 
realizable with distortion low enough so 
that simple synchronization such as start- 
stop may be employed. 

It is expected that a number of differ¬ 
ent manufacturers’ equipment will be 
usable with the digital subset in the higher 
speed data mode. A representative data 


January 1959 


Weber—FM Digital Subset for Data Transmission Over Telephone Lines 


869 





Fig. 4. Modulator 
block diagram 


machine used in most of the early tests is 
a Teletype Corporation 600-word-per- 
minute reader and punch, using standard 
5-level teletype tape. It is in this mode 
of operation, probably, that the largest 
economic advantage of Dataphone oper- 
tion will be evident. 

Fig. 3 shows in block form the three 
basic modes of operation of the digital 
subset. The input and output require¬ 
ments in each of the modes are described 
in the next section. 

Input and Output Signals 

In the TTX and LSD modes of opera¬ 
tion the digital subset expects to work 
with telegraph-type equipment. There¬ 
fore the subset is arranged to accept the 
usual contact closures and opens for 
mark and space signals. Information 
from the digital subset to the data ma¬ 
chines is in the form of loop closures and 
opens; spacing, 0 milliamperes, marking, 
20 milliamperes into a 255A relay or 
equivalent. 

For the D mode of operation either 
polar or neutral signals can be received 


and sent. With neutral pulsing the digi¬ 
tal subset accepts pulses of 0 volts marking 
and —12 volts spacing into an input im¬ 
pedance of 2,200 ohms. It provides an 
output from the demodulator of a similar 
nature; marking 0 volts, spacing —12 
volts into an impedance of 2,200 ohms. 
With polar pulsing the subset accepts 
pulses of +6 volts marking and —6 volts 
spacing into the same input impedance. 
The demodulator output is +6 volts 
marking and —6 volts spacing into an im¬ 
pedance of 800 ohms. 

Digital Subset Modulator 

A block diagram of the modulator is 
shown in Fig. 4. The input binary signal 
from the data-producing equipment is fed 
through an input control block where the 
various inputs are standardized. Follow¬ 
ing this, a low-pass shaping filter is intro¬ 
duced to shape the mark-space transitions 
to obtain proper keying of the frequency 
modulator. The output of the shaping 
filter is a voltage of one value for marking 
and another for spacing. This is fed to a 
6-transistor multivibrator frequency mod¬ 



ulator. This is a free-running Eccles- 
Jordan type of flip-flop arranged so that 
the frequency is governed by the d-c 
voltage fed to it from the low-pass filter. 
The circuit of the modulator is shown 
schematically in Fig. 5. 

The stage consists of the basic flip-flop 
transistors Q7 and Q8 and a pair of sym¬ 
metric interconnecting circuits. One in¬ 
terconnecting circuit of this pair includes 
buffer transistor Q6, trigger control trans¬ 
istor Q12 , the trigger-timing circuit R30 
and C6 , and coupling diode CR2. The 
other circuit of the pair includes transis¬ 
tors Q9 and Qll , resistance-capacitance 
timing circuit R29 and C5, and coupling 
diode CR1. A half-cycle of the operation 
of the circuit will be described. 

Assume that transistors Q7 and Q12 
are on. Diodes CR1 and CR2 are re¬ 
verse-biased. Timing capacitor C5 has, 
during the previous half-cycle been 
charged to the on collector potential of 
Qll. This capacitor will discharge 
through R29 from the on potential of Qll 
toward the less positive keying voltage 
delivered from the input control circuit. 
Capacitor C5 discharges until it reaches a 
voltage which forward-biases diode CR1. 
The more negative the keying voltage, the 
sooner this will occur, and the higher the 
frequency of the circuit. When CR1 con¬ 
ducts, it conducts current away from the 
base of Q7 and turns it off. When Q7 
turns off, the collector base cross coupling 
to Q8 turns that transistor on. The 
collector drop in Q8 is transmitted through 
emitter follower Q9 to the base of Qll , 
turning it on. Transistor Qll provides a 
low-resistance charging path for C5 which 
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is immediately recharged to the on volt¬ 
age of Qll collector preparatory to the 
next half-cycle. This voltage rise also 
back biases diode CR1, thus isolating the 
trigger network from transistor Q7 . The 
latter previously has been turned off and 
the resultant rise in collector voltage has 
been coupled through Q6 to turn off Q12. 
This results in unclamping C6 , which will 
start to discharge toward the keying volt¬ 
age for the next half-cycle. The circuit 
is symmetrical, so that the same action 
occurs during the second part of the cycle. 
A very linear frequency versus voltage 
characteristic is obtained from this stage; 
see Fig. 6. 

The output of the modulator stage is 
sent through a harmonic suppression filter 
to eliminate all harmonics from the square 
wave generated, so that the line signal is 
essentially sinusoidal. A line amplifier is 
provided to couple this signal to the 
telephone line. The amplifier is capable 
of delivering a maximum output to the 
line of about +10 db above one milli¬ 
watt into 600 ohms. The normal output 
level will be about 0 db above one milli¬ 
watt at this point. 

Notice that the block diagram of the 
modulator shows a block called carrier 
control; see Fig. 4. This is necessary to 
permit transmission of carrier only at 
appropriate times. Since the digital 
subset is connected to the telephone plant 
over a 2-wire telephone line, and since the 
same frequencies are used in both direc¬ 
tions the carrier must only be turned on 
at the transmitting station. The carrier 
control senses mark-space transitions 
from the data equipment and turns the 
carrier on only when data is being trans¬ 
mitted. It is arranged so that when 
transmission is via teletypewriter key¬ 
board in the TTX mode of operation, 
carrier is immediately transmitted when 
an attendant depresses a character on the 
keyboard. Carrier will remain on for 
about 300 milliseconds after the last 
mark-space transition so that during 
normal-speed typing, carrier is on contin¬ 
uously. On the other hand, if back-and- 
forth operation is desired, the other end 
of the circuit can seize control of the 
channel after this time interval has ex¬ 
pired. The carrier control is also ar¬ 
ranged to turn on carrier in response to an 


instruction from a connected data ma¬ 
chine for the case where no rapid turn¬ 
around of the circuit is contemplated. 
The carrier control turns off carrier by 
causing a transistor switch to conduct, 
connecting collector and emitter of Q8; 
see Fig. 5. 

Digital Subset Demodulator 

A block diagram of the demodulator is 
shown in Fig. 7. The line signal is fed 
through a band-pass filter to an amplifier 
limiter. The limiter is designed to pro¬ 
vide a standardized square-wave output 
of constant amplitude over about a 40-db 
range of input levels. It makes use of six 
transistors in two feedback amplifier 
combinations. The circuit is arranged 
so that no feedback is effective at lowest 
input levels. Diodes in the feedback 
path open at high levels, resulting in large 
feedback ratios. Additional shunt di¬ 
ode limiting is used at the highest levels. 
Fig. 8 shows typical waveforms at various 
places in the demodulator. The FM in¬ 
put to the digital subset is shown in (A) 
and the limiter output is shown on (B). 
Following the limiter is a differentiating 
circuit whose output consists of positive 
and negative pulses at the zero crossings of 


the input wave. These are shown at (C) 
in Fig. 8. These pulses are put through 
an inverter which turns over the positive 
going pulses; its output is a series of neg¬ 
ative pulses at twice the carrier frequency; 
Fig. 8(D). These pulses trigger a transis¬ 
tor blocking oscillator which puts out 
negative pulses of about 15-microsecond 
width, each of which corresponds to a 
zero crossing of the original line signal. 
When the input is marking (lower fre¬ 
quency) these pulses are spaced farther 
apart than when the input is spacing 
(higher frequency). F olio wing the block¬ 
ing oscillator is an integrating stage. 
This stage charges a capacitor between 
pulses. If pulses are occurring at a high 
rate (spacing line signal) the capacitor in 
this stage does not have time to charge to 
its full potential before being reset by the 
next pulse. If the pulses occur at a lower 
rate this charging process will proceed to a 
higher voltage before being terminated. 
The next stage is a slicer which discrimi¬ 
nates between these two charge levels. 
The waveform after slicing is shown in 
Fig. 8(E). The slicer output is averaged 
in a low-pass filter and it passes to a 
second slicer which produces sharp square 
waves at the desired bit rate as shown in 
(F). An output stage is used to provide 
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the correct terminal conditions for feed¬ 
ing the connected data equipment. 

Because of the different modes of oper¬ 
ation of the digital subset, the demodula¬ 
tor is called upon to handle bit rates as low 
as about 75 bps and as high as 1,000 bps 
respectively in the TTX and the D 
modes of operation. Optimum low-pass 
filters differ for these different bit rates 
so that different filters are used under con¬ 
trol of the mode selection relays in the 
control circuit. 

A carrier detector block is shown in 
Fig. 7 in the demodulator. For control 
purposes this circuit gives an indication 
whenever carrier (either marking or 
spacing) is received by the demodulator. 
This might also be used to give an end of 
message indication to an attendant. 

Unattended Operation 

An attractive possibility in Dataphone 
service is remote delivery and pickup of 
data at a station which is unattended. 
The digital subset is arranged to allow 
operation of this sort in conjunction with 
28A SR teletypewriters equipped with re¬ 


mote control stunt box features. Tests 
are now under way with the digital sub¬ 
set operating in this fashion. 

Information is accumulated on tape 
at a remote business office during work¬ 
ing hours. Before the close of the busi¬ 
ness day the tape is placed in a suitable 
tape-transmitting device. During the 
evening hours a central record location 
reaches the unattended station by tele¬ 
phone in the usual way. The digital 
subset is arranged to answer the call auto¬ 
matically and to set itself into the TTX 
mode of operation. In this mode of 
operation the 28A SR at the remote sta¬ 
tion is able to respond to special codes 
typed at the controlling point. For ex¬ 
ample, the attended station may type a 
code which tells the remote station to 
transmit the previously prepared message 
via some high-speed data machine and the 
digital subset. Receipt of this code will 
cause the digital subset to switch to the 
proper mode for this transmission and to 
start the tape machine sending. After 
the transmission the controlling point can 
initiate another action if required or can 
type a special code to cause disconnect. 


Conclusions 

A digital subset has been designed for 
the Bell System Dataphone service. 
This equipment is basically an FM ter¬ 
minal with control circuitry added to 
allow rather flexible use. A limited 
number of these terminals have been 
manufactured for trials in various fields of 
data transmission. It seems certain 
that the demands on the communication 
industry for better and more flexible 
means for transmission of data will multi¬ 
ply several times in coming years. The 
digital subset described in this paper is 
merely a beginning in this field of serv¬ 
ice. 
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SAGE Data Terminals 
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I N THE SAGE (semiautomatic ground 
environment) System, 1 * 2 the function 
of converting the data in the form gene¬ 
rated or used by the processing equipment 
to a form suitable for transmission over 
the communication channel is performed 
by the terminal apparatus of the Western 
Electric A1 digital data signaling system. 
The major components of the terminals, 
as shown in the simplified diagram of Fig. 
1, are the digital data transmitter (DDT) 
and the digital data receiver (DDR). At 
the originating terminal, the data source 
furnishes three separate components of 
information to the transmitter: timing, 
data, and start. The timing component 
is a continuous sine wave of either 1,300 
or 1,600 cps (cycles per second), depend¬ 
ing upon the bit rate, which provides 
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means for synchronizing the system. 
Message information, contained in the 
data component, is in the form of dipulses. 
(A dipulse is one complete cycle of the 
timing wave per bit, which, in telegraph 
terminology, represents a mark. Absence 
of a dipulse in the data component rep¬ 
resents a space.) The start component 
consists of single dipulses which group the 
data into words. 

Conversion of the three outputs from 
the data source into a single, 3-valued 
signal is performed by the DDT. To 
eliminate the effect of carrier shift, this 
3-valued signal is modulated with a 
2,000-cps carrier to form an amplitude- 
modulated wave, referred to as the line 
signal, which is applied to the communica¬ 
tion channel. Since some of the channels 
which carry the line signal have narrow 
bandwidths, vestigial side-band trans¬ 
mission is employed; the usable side¬ 
band is limited to approximately one half 
the bit rate. At the receiving terminal, 
the DDR converts the line signal into the 
three components which are faithful re¬ 
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productions of the original information 
from the data source. These components 
are then fed into the data-using equip¬ 
ment. 

Digital Data Transmitter 

The DDT may be divided into four 
parts: timing, data, start and modulator 
circuits. Three of these parts act upon 
the information signals from the data 
source to form a single 3-valued sig¬ 
nal. The fourth part, the modulator 
circuit, combines this signal with a carrier 
to produce the amplitude-modulated line 
signal, which is transmitted over the 
communication channel. These four sec¬ 
tions are shown in block diagram form in 
Fig. 2. For the purpose of illustration, 
a segment of a word is shown which has 
its start pulse at t 0 and four marks or 
data bits in positions h, / 7 , h, and / 9 . In 
the SAGE System, the word length may 
vary up to 326 bits. 

The three inputs to the DDT have the 
same amplitude, phase, and frequency. 
The timing component is applied through 
a narrow-band filter which reduces noise 
or any other distortion which may occur 
during transmission of the signal from the 
data source. After filtering, the signal 
passes through an adjustable phase shift 
circuit and is applied to a slicer where the 
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